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Sound source localization identification accuracy:

Envelope dependencies
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Sound source localization accuracy as measured in an identification procedure in a front azimuth
sound field was studied for click trains, modulated noises, and a modulated tonal carrier. Sound
source localization accuracy was determined as a function of the number of clicks in a 64 Hz click
train and click rate for a 500 ms duration click train. The clicks were either broadband or high-pass
filtered. Sound source localization accuracy was also measured for a single broadband filtered click
and compared to a similar broadband filtered, short-duration noise. Sound source localization accu-
racy was determined as a function of sinusoidal amplitude modulation and the “transposed” process
of modulation of filtered noises and a 4 kHz tone. Different rates (16 to 512 Hz) of modulation
(including unmodulated conditions) were used. Providing modulation for filtered click stimuli,
filtered noises, and the 4 kHz tone had, at most, a very small effect on sound source localization
accuracy. These data suggest that amplitude modulation, while providing information about
interaural time differences in headphone studies, does not have much influence on sound source

localization accuracy in a sound field. © 2017 Acoustical Society of America.

[http://dx.doi.org/10.1121/1.4990656]
[JFL]

I. INTRODUCTION

Since 1971 (Yost et al., 1971) a relatively large amount
of literature has shown that the interaural time difference
(ITD) of the envelope of carrier sounds [usually high-
frequency (HF) carrier sounds where ITD fine-structure
processing does not occur] influences discrimination of inter-
aural differences and the laterality of the sounds when pre-
sented over headphones. These studies have been reviewed
by many authors including Yost and Hafter (1987), Blauert
(1997), and more recently by several other authors (e.g.,
Diedesch and Stecker, 2015; Bibee and Stecker, 2016), who
have continued to study ITD envelope processing. ITD enve-
lope processing led to a modification of the Duplex Theory
of sound source localization that originally implicated ITD
processing for low-frequency (LF) sounds and interaural
level difference (ILD) processing for HF sounds. The idea of
the Duplex Theory was originally proposed by Lord
Rayleigh (1907) and reiterated by Stevens and Newman
(1934). A modified version of the Duplex Theory of sound
source localization states, “Interaural level difference is the
cue used for locating HF sounds. ITD is the cue used to
locate any sound with low frequencies or any HF complex
sound with LF repetition in the time-domain waveform”
(Yost, 2007, p. 183).

Two types of stimuli have been primarily used to impli-
cate envelope ITD processing: click trains and amplitude
modulated noises and tones. The earlier studies often used
high-pass filtered clicks. The repetition rate and number
of clicks in click trains have been studied. ITD and ILD
thresholds and the laterality of the click trains have been
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investigated. As reviewed by many authors including Yost
and Hafter (1987), Blauert (1997), and more recently
Stecker and Bibee (2014), most of the data from these stud-
ies are consistent with temporal integration and adaptation
processes often emphasizing early occurring clicks in a click
train. The details of such adaptation processes are still being
investigated (e.g., see Stecker and Bibee, 2014; Bibee and
Stecker, 2016).

The studies of Bernstein and Trahiotis (e.g., see
Bernstein and Trahiotis, 2014 for their most recent publica-
tion related to envelope ITD processing) have led the way in
describing how amplitude modulation affects envelope ITD
processing in lateralization studies. When the rate of the
amplitude modulation of carriers (noise or HF tones) is less
than approximately 300 Hz (but see Monaghan et al., 2016),
interaural difference thresholds and the laterality of the
sounds can be based on envelope ITDs. The “shape” of the
envelope has been shown (e.g., see Bernstein and Trahiotis,
2009) to be an important variable in determining envelope
ITD processing as demonstrated in interaural discrimination
and laterality experiments. The binaural system appears to
be especially sensitive to the envelope of “transposed” proc-
essed stimuli, a particular modulation process introduced by
Bernstein and Trahiotis (2002).

The vast majority of the literature on envelope ITD
processing has involved stimuli presented over headphones.
In these studies the ILDs of the stimuli have almost always
be set to zero and the waveforms high-pass filtered in one
way or another to reduce, if not eliminate, the role of tempo-
ral fine structure as a cue for ITD processing. For high-pass
stimuli with ILDs set to zero, ITD discrimination thresholds
are higher than when the stimuli are not high-pass filtered
(i.e., when temporal fine structure cues can be used for ITD
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processing), and laterality judgments can be difficult in these
conditions. Providing envelope variables to these high-pass
stimuli that have no ILDs often decreases ITD thresholds
and makes laterality judgments possible. These changes in
ITD discrimination and laterality performance as a function
of different envelope variables is the basis for the implica-
tion that envelope ITDs can be a cue for binaural processing
related to sound source localization in the front azimuth
plane of a sound field. Functions relating envelope variables
to ITD thresholds and laterality have been instrumental in
refining models of ITD processing, especially cross-
correlation models.

Very few studies (Eberle and Flanagan, 2000; Yost and
Brown, 2013) have investigated the role of envelope varia-
bles on sound source localization in the front azimuth sound
field. The stimuli used in both studies cited above were
wideband noises. Since the noises were presented in a sound
field, there were always ILDs (which can be large at high
frequencies), and sound source localization accuracy is usu-
ally very good for broadband (BB) noise stimuli (e.g., see
Stevens and Newman, 1934; Yost et al., 2013). Most likely
as a consequence of the presence of ILD cues and high sound
source localization accuracy, neither paper (Eberle and
Flanagan, 2000; Yost and Brown, 2013) found evidence for
envelope ITD processing for sound source localization of a
single BB noise in a sound field. However, the headphone
studies that have implicated envelope ITD processing have
used a variety of stimuli (including BB noises). Thus, in
order to more fully evaluate the extent to which envelope
ITDs may play a role in sound source localization accuracy
measured in the front azimuth sound field, several experi-
ments were conducted using stimuli like those used in the
headphone studies (i.e., click trains; modulated, filtered
noises, and modulated tones). It should be recognized that
the main measure of performance in a sound field is sound
source localization accuracy, and over headphones the mea-
sures are usually interaural discrimination thresholds and lat-
erality judgments. Sound source location accuracy often
cannot be measured for headphone-delivered stimuli, nor
can interaural difference thresholds be measured in a sound
field in the same way as the measures are made with
headphone-delivered stimuli.

This paper is the most recent in a series of papers inves-
tigating the role of different stimulus parameters on sound
source localization accuracy in the front azimuth sound field
(Yost et al., 2013; Yost and Zhong, 2014; Yost, 2016). The
previous work suggests that stimulus bandwidth is a crucial
variable affecting sound source localization. For narrow
bandwidths, and only for narrow bandwidths (<2 octaves),
the work suggests that center frequency (CF) (or tonal fre-
quency) has a significant effect on sound source localization
accuracy (Yost and Zhong, 2104). For bandwidths of two or
more octaves the work indicates that sound source localiza-
tion accuracy does not appear to depend on the CF of the
noise (Yost et al., 2013; Yost and Zhong, 2014). In this work
neither duration nor overall level appear to have much of an
effect on sound source localization accuracy in the azimuth
plane independent of the sound’s frequency content (Yost,
2016). The current paper concerns the role of amplitude

174 J. Acoust. Soc. Am. 142 (1), July 2017

modulation (envelope) on sound source localization accu-
racy. Given the results of the previous sound source localiza-
tion accuracy papers and the headphone studies of envelope
ITD processing, the bandwidth and frequency content of the
stimuli and their interaction with envelope variables will be
investigated, as bandwidth and frequency content (at narrow
bandwidths) appear to be important variables affecting sound
source localization accuracy (Yost and Zhong, 2014). With
the exception of varying the number of clicks in a click train,
stimulus duration and overall level will not be systematically
manipulated in the studies reported in this paper as they do
not appear to be important variables affecting sound source
localization accuracy (Yost, 2016) in the front azimuth
sound field.

Envelope and modulation in this paper will refer to the
ongoing changes in amplitude during the time the sound is
being presented. These terms are not intended in this paper
to refer to the way in which the stimuli were turned on and/
or off. In most conditions there was an onset and offset time
difference between the ears due to the time of arrival differ-
ence when a sound source is at an azimuth angle relative to
the listeners’ head other than 0° (i.e., according to data like
those from Kuhn, 1987, these time differences would be less
than approximately 850 us). For noise and tonal sounds, the
stimuli were gated on and off with 20ms rise/fall times
which would reduce the role of the small ITDs (<850 us)
associated with sounds arriving at the ears from different azi-
muth locations (see Rakerd and Hartmann, 1986, who
showed that rise times do affect ITD processing).

Il. EXPERIMENT |—CLICKS AND CLICK TRAINS

In experiment I, 100 us clicks were filtered and pre-
sented as a single click or in click trains when the number of
clicks and the rate of the clicks in the click train were varied.
Two filter conditions were used: BB filtering (125Hz to
8kHz) and a 2 to 8 kHz HF, bandpass filtered (with a CF of
4kHz) condition. Sound source localization accuracy using
the procedure described in Yost et al. (2013) was used for a
single click, for the number of clicks (2-16 clicks) in a click
train presented at a click rate of 64Hz, and for a 500 ms
duration click train with clicks presented at rates of 16 to
128 Hz.

A. Method
1. Listeners

In the test of a single click, 12 listeners were used (see
Yost, 2016).l Nine listeners were females, and the ages of
all listeners were between 19 and 32 yrs. An additional 12
listeners participated in the other two conditions of experi-
ment I. There were eight females, and the ages of all listen-
ers were between 19 and 38. All listeners reported that they
had normal hearing. No listener in any experiment had previ-
ously participated in a hearing experiment. As explained in
Secs. IT A, IIT A, and IV A of the three experiments all listen-
ers were provided a short training session. All of the condi-
tions used in experiments I[-III were approved by the
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Arizona State University Institutional Board for the

Protection of Human Subjects.

2. Stimuli

In the single-click condition (part of the Yost, 2016,
study') a single 100-us click filtered from 125Hz to 8 kHz
(three-pole Butterworth Filter) was tested, and the results
compared to data involving a 25 ms noise burst filtered the
same as the BB clicks (see Yost, 2016). The level of an indi-
vidual click for each filter condition was determined by
matching (using an oscilloscope) the peak level of the click
to the peak level of a 1000 Hz tone presented at 65 dB sound
pressure level (SPL). Each single click, therefore, had a peak
level equivalent to that of a 1000 Hz tone presented at 65 dB
SPL. The level of the 25 ms noise burst was 65 dBA. All
clicks in the click trains were 100 us clicks, filtered with a
three-pole Butterworth filter implemented in MATLAB
(Mathworks, Natick, MA) either between 125 Hz and 8§ kHz
(BB) or between 2 and 8 kHz (HF). These filter conditions
are the same used in Yost et al. (2013), Yost and Zhong
(2014), and Yost (2016).

For the click trains the overall level of the click train
was maintained at 40 dBA independent of the number of
clicks (number of clicks greater than one) and click rate. The
level measurements were made at the position of the listen-
ers’ heads in the listening room (see below). The two band-
pass filtered clicks (BB and HF) were presented in click
trains at 64 Hz (64 clicks/s, with a period of 15.625 ms) with
2 clicks (a 15.625 ms first click onset to last click onset time
differencez), 4 clicks (46.875ms first click onset to last
click onset time differencez), 8 clicks (109.375 ms first click
onset to last click onset time differencez), and 16 clicks
(234.375ms first click onset to last click onset time differ-
encez). In the final condition, a 500 ms duration click train
was used with click rates of 16 Hz (62.5 ms period, or 8 clicks
in 500ms), 32 Hz (31.25 ms period or 16 clicks in 500 ms),
64 Hz (15.625 ms period or 32 clicks in 500 ms), or 128 Hz
(7.8125 ms period or 64 clicks in 500 ms).

3. Listening room

The same listening room used in Yost et al. (2015) was
used in the present experiments. The room is a 10/ x 15/
x 10’ lined on all six surfaces with acoustic foam (NRC rat-
ing of 0.96 and an absorption coefficient at 4kHz of 1.44).
The wideband reverberation time (RTgp) is 102 ms and RTg
for a one-third octave noise centered at 4kHz was 72ms
(BB and 4kHz frequency regions were the primary fre-
quency regions used in the current study). Twenty-four loud-
speakers (Boston Acoustics 100x, Peabody, MA) are on a
5ft radius circle (i.e., azimuth array with 15° loudspeaker
spacing) at the height of listeners’ pinnae, but only the 13
loudspeakers in the front azimuth sound field were used in
this experiment. There is a control room from which listen-
ers are monitored by an intercom and camera. Listeners were
instructed at all times to face the center loudspeaker that had
a red circle on its center. They were monitored on each trial
and rarely failed to face the center loudspeaker. All sounds
were presented via a 24 channel Digital-to-Analog (DA)
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converter (two, Echo Gina 12 DAs, Santa Barbara, CA) out-
putting sounds at a rate of 44 100 samples/s/channel.

4. Procedure

The sound source localization accuracy procedure of
Yost et al. (2013) was used. A sound was presented from
one of 11 loudspeakers (separated by 15° between *75°) in
the front azimuth sound field (see Fig. 1). Listeners were
instructed to indicate the location (via a keyboard) of the
loudspeaker (loudspeakers, #1 to #13, had numbers on them)
that presented the sound. They were told that sound could
come from loudspeakers #1 (90°, far right) to #13 (—90°, far
left), but they were not aware that sound was presented only
from loudspeakers #2 to #12 (*=75°). This process was to
protect against “edge-effects” (see Hartmann ez al., 1998).

In the single-click condition (part of the Yost, 2016,
study'), a single click was presented on each trial randomly
intermixed with noises of different durations (25 to 450 ms;
see Yost, 2016).1 Each stimulus/loudspeaker combination
appeared 20 times in random order. In the condition where
the number of clicks was varied, the five different number of
click cases were randomly presented 15 times for each of the
11 loudspeaker locations (165 trials per number of clicks or
825 trials/listener) chosen randomly. These 825 trials were
divided into 11, 75-trial blocks. The condition in which click
rate was varied was similar to the number-of-click condi-
tions in that the four click rates were each presented 15 times
for each of the randomly chosen 11 loudspeaker locations
(660 trials/listener, divided into ten, 66-trial blocks). All lis-
teners started their participation in the experiments with a
practice session in which a 200 ms BB noise was presented
in succession from each of the 13 loudspeakers (#1 far right
to #13 far left, see Fig. 1). They were able to listen to these
13 noise bursts as many times as they wished to acquaint
them with the sounds and their locations.

B. Results

The main part of Fig. 2 displays data for the number-of-
click conditions indicating mean (12 listeners) root-mean-
squared (rms) error (degs) and one standard deviation of rms
error (degs) as a function of the number of clicks presented

152
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FIG. 1. Diagram of the 13 loudspeakers in the front azimuth field located at
pinna height. Loudspeakers spaced 15° apart from 90° (loudspeaker #1) to
—90° (#13). Loudspeakers #1 and #13 did not present sound. Listeners did
not know this and could indicate that a sound came from these loudspeakers.
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FIG. 2. Mean (12 listeners) rms error (degs) as a function of number of
clicks and filtering condition (BB; and HF, bandpass filtered). The inset are
data from Yost, (2016)" indicating mean rms error (degs) for a BB click and
a BB noise. Error bars are one standard deviation (calculated across
listeners).

at a rate of 64 Hz. Data from the BB and HF frequency filter
conditions are shown. The inset includes data for the single-
click condition (from Yost, 2016)' comparing rms error
(degs) for a single click as compared to a 25 ms noise burst.
Both stimuli for the data in the inset were filtered between
125 Hz and 8 kHz (BB). The data in the inset represent the
results from 12 listeners (see Yost, 2016).1 Sound source
localization accuracy as measured by rms error shown in
the figures of the current paper represent the rms error aver-
aged over all 11 loudspeaker locations [see Fig. 1, and see
Sec. VB, and point (1) for additional data related to rms
errors as a function of loudspeaker location].

The data of Fig. 2 suggest that sound source localization
accuracy depends on filtering the click, but that accuracy
does not depend on the number of clicks. All 12 listeners
who generated the data in the inset of Fig. 2 had rms errors
that were smaller for the single click than for the 25 ms noise
burst. All 12 listeners who participated in the number-of-
clicks condition (Fig. 2) had lower rms errors for the BB as
compared to the HF conditions. No listener showed either a
consistent increase or decrease in the rms error as a function
of the number of clicks for either filter condition.

Figure 3 displays data for the click-rate condition indi-
cating mean (12 listeners) rms error (degs) and one standard
deviation of rms error (degs) as a function of click rate for a
500 ms click train. Data from the BB and HF filter cases are
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FIG. 3. Similar to Fig. 2 indicating mean (12 listeners) rms error (degs) as a
function of click rate and filtering condition (BB; and HF, bandpass filtered).
Error bars are one standard deviation (calculated across listeners).
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shown. The data of Fig. 3 suggest that while filtering clicks
does affect sound source localization accuracy, changing
click rate does not at least with duration held constant. All
12 listeners who participated in the click-rate condition had
lower rms errors for the BB as compared to the HF condi-
tions except for the 128 Hz rate, in which case only eight of
the 12 listeners had lower rms errors for the BB as compared
to the HF condition. No listener showed either a consistent
increase or decrease in rms error as a function of click rate
for either filter condition.

A two-way (filter condition and number of clicks)
repeated measures Analysis of Variance (ANOVA) was con-
ducted for the data of Fig. 2 with a 0.05 level of significance.
There was a significant statistical difference based on filter
condition, but not on the number of clicks. The interaction
between filter condition and number of clicks was not statis-
tically significant. For the data from Yost (2016, the inset in
Fig. 2) the rms error for the single click was significantly
less than that for the 25 ms noise burst using a repeated mea-
sures t-test (at the 0.05 level of significance). The rms error
for localizing the click stimulus was always less than or
equal to that for the noise stimulus for all 12 listeners in the
Yost (2016) study. A between-subjects #-test indicated that
the rms error for the single click condition (inset to Fig. 2,
rms error of 5.6°) measured in Yost (2016) was not statisti-
cally different from that measured in the current study (main
Fig. 2, rms error of 5.7°). Another two-way (filter condition
by click rate) ANOVA was conducted with a 0.05 level of
significance for the third condition (see Fig. 3). The filter
condition yielded a statistically significant change in rms
error, but not click. There was no statistically significant
interaction.

lll. EXPERIMENT II—AMPLITUDE MODULATED NOISE

In experiment II, sinusoidal and transposed (see
Bernstein and Trahiotis, 2002) amplitude modulation proce-
dures for filtered noises were used in the sound source locali-
zation accuracy procedure of Yost et al. (2013). Sinusoidal
and transposed modulation processes were also used for a
BB noise (125 Hz-8 kHz). The transposed modulated stimu-
lus process was applied to two-octave wide and 1/10-octave
wide 500 ms noise bursts with CFs of 250 Hz (LF noise) and
4kHz (HF noise). In all cases unmodulated (UM) noises
were also tested. Again, these filter conditions are the same
used by Yost and Zhong (2014) and Yost (2016).

A. Methods
1. Listeners

Twelve listeners were used for Experiment II, eight
females and four males all between the ages of 20 and 39.
No listener in Experiment II participated in Experiment I.
All listeners reported having normal hearing and had no
prior experience in hearing experiments.

2. Stimuli

Independently generated 500 ms noise bursts were used.
All of the noises were modulated with the transposed
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procedure as described by Bernstein and Trahiotis (2002).
The transposed procedure involves linear half-wave rectifi-
cation of the time-domain waveform of a LF tone with a fre-
quency equal to the rate of modulation (16, 32, 64, 128, 256,
and 512 Hz). The rectified waveform was then transformed
to the frequency domain, and the magnitudes of components
above 2kHz were filtered out by setting them to zero. The
resulting filtered signal was transformed back to the time
domain and multiplied by a filtered noise carrier. These
transposed processed stimuli have an envelope that is similar
to that of the rectified and filtered pure tone (see Bernstein
and Trahiotis, 2002, for additional details). The BB noise
bursts were also sinusoidally amplitude modulated (SAM) at
rates of 16, 32, 64, 128, 256, and 512 Hz, always with the
modulating tone having a 0° starting phase, and the overall
level was kept constant (modified by the modulation rate).
UM filtered noises were also used. All filtered and modu-
lated noise bursts were further filtered with three-pole
Butterworth filters as follows: a 1/10 octave wide filter cen-
tered at 250 Hz (1/10, 250), a 1/10 octave wide filter centered
at 4kHz (1/10, 4k), and a BB filter (125 to 8 kHz, BB).
Thus, there were four stimulus conditions in experiment II
with the 1/10, 250; 1/10, 4 k; and BB stimuli modulated with
the transposed envelope (BB-Trans.) and the BB stimulus
also modulated with a sine tone (BB-SAM). Rates of modu-
lated were UM, 16, 32, 64, 128, 256, and 512 Hz. All stimuli
were presented with 20 ms cosine-squared, rise-fall times at
40 dBA. The depth of modulation in all cases was 100%.

3. Listening room

The same listening room was used as was used in exper-
iment L.

4. Procedure

The same procedure and practice session described for
experiment I were used to present noise bursts to the differ-
ent loudspeakers in experiment II. There were 28 stimulus
conditions in experiment II [four filter/modulation conditions
(1/10 oct-250Hz, 1/10 oct-4kHz, BB-Transposed, BB-
SAM) by seven modulation rates (UM, 16, 32, 64, 128, 256,
512Hz)]. These 28 conditions were presented in random
order 15 times each to the 11 loudspeakers chosen at random
for 4620 trials/listener. These trials were divided into sixty,
77 trial blocks tested over several sessions across several
days depending on listeners’ schedules. As in experiment I,
listeners indicated which of 13 loudspeakers (see Fig. 1)
may have presented a noise burst.

B. Results

Figure 4 displays data for experiment II indicating mean
(12 listeners) rms error (degs) and one standard deviation of
rms error (degs) as a function of the modulation rate (UM,
16, 32, 64, 128, 256, and 512 Hz) and filter condition (1/10,
250; 1/10, 4 k; and BB for the transposed processed envelope
condition). The data of Fig. 4 suggest that sound source
localization accuracy depends on filtering the noise as is con-
sistent with Yost and Zhong (2014), but that accuracy may
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FIG. 4. Mean (12 listeners) rms error (degs) as a function of modulation rate
(UM) and filtering condition (1/10 octave filter with 250 Hz CF, 1/10 octave
filter with 4kHz CF, and BB clicks). All stimuli were modulated with the
transposed method. Error bars are one standard deviation (calculated across
listeners).

not depend on the modulation rate. All 12 listeners when the
modulation rate was less than 128 Hz had the lowest rms
errors for the BB-Transposed condition and second lowest
rms errors for the 1/10, 250 condition. At 128 to 512Hz
modulation rate the 1/10, 4k condition had the highest rms
error for all 12 listeners. The number of listeners whose rms
errors were higher for the 1/10, 250 Hz condition as com-
pared to the BB-Transposed condition were: eight listeners
at 128 Hz, six listeners at 256 Hz, and five listeners at
512 Hz.

Figure 5 displays data for experiment II indicating mean
(12 listeners) rms error (degs) and one standard deviation of
rms error (degs) as a function of the modulation rate (UM,
16, 32, 64, 128, and 256 Hz) comparing the BB stimulus
modulated with the transposed method (BB-Trans.) and a
sinusoidally modulated (BB-SAM) envelope. The “BB-
Transposed” data in Fig. 4 are the same data shown in Fig. 5
as the “BB-Trans.” data. The data of Fig. 5 suggest that
sound source localization accuracy does not depend on the
form of modulation as least in terms of using the transposed
method or SAM modulation of a BB noise source. The rms
errors shown for the UM conditions in Figs. 4 and 5 are very
similar to those measured by Yost and Zhong (2014) for the
same stimulus conditions. None of the 12 listeners had a

Noise, Transposed vs. SAM

20
0
oy
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6 10
D
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£
0
UM 16 32 64 128 256 512

Modulation Rate - Hz

M BB-Trans. 0OBB-SAM

FIG. 5. Mean (12 listeners) rms error (degs) as a function of modulation rate
(UM) and type of modulation (Transposed, Trans., or SAM). Stimuli were
BB. Error bars are one standard deviation (calculated across listeners).
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consistent increase or decrease in rms error as a function of
the modulation rate for either type of modulation.

A two-way (filter condition and modulation rate)
repeated measures ANOVA was conducted for the data of
Fig. 4 with a 0.05 level of significance. There was a signifi-
cant statistical difference based on filter condition and modu-
lation rate. The interaction between filter condition and
modulation rate was statistically significant. The mean rms
errors across modulation rates were compared in pair-wise
t-tests for the three filter conditions (1/10, 250; 1/10, 4k; and
BB filter conditions). The differences for all three compari-
sons were statistically significant (i.e., the 1/10, 4 k case pro-
duced the largest errors, followed by the 1/10, 250 case, and
then the BB case). The statistically significant difference
due to the modulation rate is most likely due to the decrease
in rms error as the modulation rate increased from 128 to
512 Hz, especially for the 1/10, 4k condition (which proba-
bly partially accounts for the statistically significant
interaction).

A two-way (modulation type and modulation rate)
repeated measures ANOVA was conducted for the data of
Fig. 5 with a 0.05 level of significance. There was not a sig-
nificant statistical difference based on the type of modulation
(SAM or Transposed) nor was there a statistically significant
difference based on the modulation rate. The interaction
between filter condition and modulation rate was not statisti-
cally significant.

IV. EXPERIMENT Ill—AMPLITUDE MODULATED TONE

In experiment III sound source localization accuracy
(Yost et al., 2013) was measured using the transposed proce-
dure (see experiment II) for a 4 kHz carrier tone and an UM
4 kHz tone. Modulation rates of 16, 32, 64, 128, and 256 Hz
were tested.

A. Methods
1. Listeners

Twelve listeners were used for experiment III; nine
females and three males all between the ages of 19 and 28.
All listeners reported having normal hearing, and no listener
had previously participated in a hearing experiment. All lis-
teners in experiment III were different from those used in
experiments I and II.

2. Stimuli

The same transposed procedure described for experi-
ment II was used to modulate a 500 ms, 4 kHz carrier tone
at rates of 16, 32, 64, 128, and 256 Hz. The 4kHz carrier
tone was presented with zero degrees starting phase. An UM
4 kHz tone was also used. The overall level of the sound was
40 dBA for all modulation rates and all sounds were gated
with a 20ms cosine squared rise-fall time. The depth of
modulation was always 100%.
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3. Listening room

The same room as was used in experiments I and II was
used in experiment II1.

4. Procedure

The same procedure and practice session described for
experiments I and II were used to present the modulated and
UM 4 kHz tone to the different loudspeakers in experiment
III. The six randomized modulation rate (UM, 16, 32, 64,
128, and 256 Hz) conditions were presented 15 times for
each of the 11 randomly chosen loudspeakers yielding 990
trials/listener, divided into 11, 90-trial blocks. As in experi-
ments I and II, listeners indicated which of 13 loudspeakers
(see Fig. 1) may have presented a tone.

B. Results

Figure 6 displays data for experiment III indicating
mean (12 listeners) rms error (degs) and one standard devia-
tion of rms error (degs) as a function of the modulation rate
(UM, 16, 32, 64, 128, and 256 Hz). The data of Fig. 6 sug-
gest that sound source localization accuracy may be slightly
better when the transposed method was used for the 4 kHz
tone than when the tone was UM (e.g., the 16 Hz modulated
tone has 1.2° less rms error than the UM condition). It
appears as if sound source localization accuracy decreases
slightly with increasing modulation rate (e.g., a decrease in
mean rms error of 2.8° from 16 to 256 Hz).

The 16 Hz transposed processed 4 kHz stimulus had a
lower rms error than the UM tone for eight of the 12 listen-
ers. Five of these eight listeners showed the same trend (i.e.,
decreasing rms error with increasing modulation rate) in rms
error from 64 to 256 Hz as shown for the mean data in Fig.
6. The UM rms error shown in Fig. 6 is very similar to that
obtained by Yost and Zhong (2014) at 4 kHz.

A one-way (modulation rate) repeated measures
ANOVA was conducted for the data of Fig. 6 with a 0.05
level of significance. There was a significant statistical dif-
ference based on the modulation rate. There was a statisti-
cally significant difference in rms error between the UM and
16 Hz modulation cases, and a statistically significant differ-
ence between the 16 Hz modulation case and the 256 Hz

4-kHz Tone, Transposed Modulation
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FIG. 6. Mean (12 listeners) rms error (degs) as a function of modulation rate
(UM) for a transposed modulated 4kHz tonal carrier. Error bars are one
standard deviation (calculated across listeners).
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modulation case. These two statistical differences were
based on post hoc t-tests.

V. OVERALL DISCUSSION

Sound source localization accuracy for click trains
does not appear to vary as a function of the number of
clicks (Fig. 2) nor as a function of click rate (Fig. 3), over
the range of conditions used in the present study. The lack
of an effect of number of clicks or click rate on accuracy
does not depend on the filtering condition. Measures of
ITD discrimination thresholds over headphones do change
as a function of number of high-pass filtered clicks. ITD
discrimination thresholds measured with headphone-
delivered stimuli decrease as the number of HF, bandpass
clicks increase (from 1 to 64) when the click rate is between
100 and 1000 Hz, (e.g., Hafter ez al., 1983; Yost, 1976).
And, ITD discrimination thresholds increase as the HF,
bandpass click rate increases (click rates from 50 to 450 Hz
in Yost, 1976, 100 to 1000 Hz in Hafter et al., 1983). There
is an interaction between the number of HF, bandpass clicks
and click rate (e.g., see Hafter et al., 1983), i.e., the effect
of HF, bandpass click rate on ITD discrimination thresholds
increases with increasing number of clicks (from 2 to 32
clicks).

Sound source localization accuracy for locating filtered
noise bursts does not appear to depend on either the trans-
posed or SAM modulation methods for modulation rates
ranging from 16 to 512 Hz independent of the filter condi-
tions (Figs. 4 and 5). That is, even for the narrowband
1/10 octave wide noise bursts when sound source localiza-
tion accuracy is poor for UM noises, modulation does not
improve sound source localization accuracy above that
which is probably provided by increased bandwidth when
the modulation rate increases. However, ITD discrimination
thresholds measured over headphones are lower for modu-
lated than for UM HF noise bursts, and such thresholds
can vary as a function of the modulation rate, e.g., envelope
ITD thresholds increase with increases in the modulation
rate above 128 Hz (e.g., Bernstein and Trahiotis, 1994).
Envelope ITD discrimination thresholds are generally lower
when the transposed method is used as opposed to the SAM
modulation method (Bernstein and Trahiotis, 2002).

Sound source localization accuracy did vary as a func-
tion of using the transposed modulation method for a 4 kHz
tonal carrier stimulus (Fig. 6). There was a statistically sig-
nificant small 1.2° decrease in rms error for the 16 Hz modu-
lated tone as compared to the UM tone. Accuracy increased
(rms error decreased) by an average of 2.8° as the modula-
tion rate increased from 16 to 256 Hz. Envelope ITD dis-
crimination thresholds measured over headphones cannot be
measured for an UM 4 kHz tone and are as low as approxi-
mately 50 us for modulated tones, but are most often 100 us
or more (Bernstein and Trahiotis, 2002). Envelope ITD dis-
crimination thresholds often decrease as the modulation rate
increases from 16 to 128 Hz, and then increase (often rap-
idly) as the modulation rate continues to increase from 128
to 512Hz (e.g., see Bernstein and Trahiotis, 1994, but also
see Monaghan et al., 2016).
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Thus, sound source localization accuracy does not
depend on the characteristics of modulation in the same way
as envelope ITD discrimination thresholds depend on these
same modulation characteristics when the sounds are pre-
sented over headphones. In general, sound source localiza-
tion accuracy varies very little, or does not vary at all (e.g.,
for some listeners), when carrier sounds are modulated
including presenting clicks in click trains. The small changes
in sound source localization accuracy that do occur when
there is a modulated envelope do not usually follow the
same pattern of change as when envelope ITD discrimina-
tion thresholds are measured for the same envelope charac-
teristics (e.g., modulation rate). As documented above,
envelope ITD discrimination thresholds often increase with
increasing modulation rate (especially as modulation rates
increase above 128 Hz), but rms errors for sound source
localization accuracy sometimes decrease with increasing
modulation rate (Figs. 4 and 6). Or, ITD discrimination
thresholds increase with an increasing high-pass filtered
click rate, but sound source localization accuracy does not
appear to depend on click rate (Fig. 3).

Several studies (e.g., see Trahiotis and Stern, 1989;
Bernstein and Trahiotis, 1985; Buell et al., 1994) have inves-
tigated the laterality of modulated stimuli presented over
headphones. That is, listeners have been asked to indicate
the lateral (within the head) locations of sounds presented
with envelope ITD differences. In general, the results of
these laterality experiments are consistent with those from
studies of envelope ITD discrimination thresholds, indicat-
ing that listeners can determine changes in the lateral posi-
tion of images within the head consistent with how envelope
ITD discrimination thresholds vary (Bernstein and Trahiotis,
1985).

A. Differences between sound field and
headphone-delivered psychophysical measures

There are several possible differences between the cur-
rent sound field study and those studies using headphone
delivered stimuli that could affect the results of the current
study:

(1) Probably the most important difference is that in a sound
field there is always a non-zero (and often quite large)
ILD, whereas in the vast majority of the headphone stud-
ies the ILD was set to zero. Thus, it appears as if provid-
ing an envelope in addition to the availability of an ILD
cue does not have much of an effect on sound source
localization accuracy in a sound field.

(2) For single BB sounds (e.g., a single BB, noise burst, or a
single BB click), it might be that sound source localiza-
tion accuracy performance in a sound field is already so
good (at ceiling) without modulation that providing
modulation cannot lead to any improvements [but see
points (8) and (9) below].

(3) Providing a possible envelope ITD cue for sounds pre-
sented in a sound field in order to affect sound source
localization accuracy may also be limited by the magni-
tude of the effects measured over headphones. In many
of the headphone studies envelope ITD thresholds can be
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more than several hundred microseconds. According to
measurements like those made by Kuhn (1987), the time
it takes sound to travel from one ear to the other can be
as fast as 13 us for HF sounds. Thus, it may be that some
envelope ITDs that occur in a sound field are too fast to
influence sound source localization accuracy due to a
lack of sufficient interaural temporal acuity for envelope
ITD processing.

(4) The loudspeakers and especially the room (reflective

Amplitude - Arbritary-Linear

plitude - Arbritary-Linear

environment) can reduce the depth of modulation of any
modulated sound (e.g., see Houtgast and Steeneken,
1973). Thus, poor sound source localization accuracy
might be due to a lack of sufficient depth of modulation.
The listening room used in the current experiments had
low RTs especially at 4kHz. Figure 7 displays one
period of a 16 Hz modulated 4 kHz tonal stimulus using
the transposed process at the input to the loudspeakers
[Fig. 7(A)] and as measured in the room at the position
of the listener’s head [Fig. 7(B)] by a dual-ribbon micro-
phone (Beyerdynamic M-160, Heilbronn Germany). The
Room Response clearly shows the combined effect of
the loudspeaker, room, and recording microphone on the
shape of the envelope. But there is still a clear 100%
depth of modulation. Thus, it is not likely that any dimi-
nution of the depth of amplitude modulation at 16 Hz
had much of an effect on localization accuracy. As the
modulation rate increases then the depth of modulation
would probably decrease predicting an increase in rms
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error. But the results show an opposite trend, i.e., a
decrease in rms error with increasing modulation rate
(see Fig. 6). Thus, it is unlikely that the room (and/or the
loudspeakers) had any substantial effect on sound source
localization accuracy in the current study. This might
not be true in a more reverberant space, assuming that
amplitude modulation has an effect on sound source
localization accuracy, which the other data of the current
study suggest it does not. That is, in order for room
acoustics to influence sound source localization accuracy
based on the depth of sound’s amplitude modulation,
amplitude modulation must have an effect in a very dead
room (anechoic) and then its effect diminished as the RT
(or other measures of room acoustics) changes. The data
of the present study cast some doubt as to how much of
an effect a sound’s modulation pattern has on sound
source localization accuracy in a sound field even if the
sound field is anechoic. A more definitive answer will
require more study.

(5) Reflections in a room may make the ITDs incoherent to

the extent that the incoherence reduces the ability to use
ITDs in either the fine-structure or the envelope.
However, the ILDs would be less affected by reflections
(see Rakerd and Hartmann, 2010). In addition, measures
of sound source localization accuracy in the same listen-
ing room for LF sounds where ITD fine-structure is the
probable cause for sound source localization indicate
approximately the same level of sound source

Transposed, 4-KHz tone
Input

FIG. 7. (A) The transposed method was
used to modulate a 4kHz stimulus with
a modulated rate of 16Hz (62.5ms
period). (B) The measured modulated
4 kHz stimulus recorded at the listeners
head. The waveform in (B) is based
on the combined impulse response of
the loudspeaker, listening room, and
recording microphone (see text for
details).

1 Room Response
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localization performance as measured in an anechoic
space. For instance, Stevens and Newman’s (1934) mea-
surement in an echo-free, open space for a 200 Hz tone
was about 11° of error and the Yost and Zhong (2014)
measurement in the same room as used in the present
paper was approximately 13° for a 250 Hz tone. Thus,
whatever decorrelation there may be of ITD cues in the
room used for the current study, the effects are probably
very small and could be overcome by ILDs. Again, it
seems unlikely that any such decorrelation would be dif-
ferentially affected by waveform modulation.

(6) In the beginning of Sec. V it was mentioned that the

decrease in rms error (degs) with increasing modulation
rate (Figs. 4 and 6) may be due to increasing stimulus
bandwidth, not modulation rate per se. Figure 8 illus-
trates this conjecture. Figure 8 shows the magnitude
(dB) spectrum of a 4kHz carrier tone modulated with
the transposed method at 16 and 256 Hz rates of modula-
tion. As can be seen, the sidebands for the 16 Hz modula-
tion conditions are much reduced in magnitude and
much closer in frequency to 4 kHz (the carrier) than
those for the 256 Hz modulation rate. That is, the band-
width of the stimuli is greater for 256 Hz modulation
than for 16 Hz. Since wider bandwidths lead to lower
sound source localization rms errors, the decrease in
accuracy between 16 and 256 Hz of amplitude modula-
tion could be due to the widening bandwidth. Yost and
Zhong (2014) showed that sound source localization
accuracy clearly depends on stimulus bandwidth for fil-
tered noises and they discuss several reasons why this
might be the case. Also note, modulation had no effect
on sound source localization accuracy for the BB condi-
tions. That is, when the stimulus is already BB making
the spectrum broader by providing amplitude modulation
has no effect on sound source localization accuracy.

(7) LF energy in the skirt of the low-pass filter (e.g., 2kHz

cutoff) used to filter the noise and click trains might
allow for both ITD and ILD processing to affect sound
source localization accuracy for HF stimuli. As a conse-
quence there might be better accuracy in these cases in
that energy at low frequencies might allow for

processing ITD in the temporal fine structure of the stim-
uli. This is probably not relevant to measures of sound
source localization accuracy in this paper. First, because
frequency region, and therefore by implication the use of
interaural cues (i.e., ITD at low frequencies and ILD at
high frequencies), does not affect sound source localiza-
tion accuracy for stimuli with bandwidths 2 octaves or
wider as was the case in all but one condition in the pre-
sent paper (Yost et al., 2013; Yost and Zhong, 2014).
For the 1/10 octave wide filter condition with a 4 kHz
CF, sound source localization accuracy is worse than for
wideband stimuli and for stimuli with the same band-
width but with a 250 Hz CF (see also Yost and Zhong,
2014). However, the overall level of all stimuli in the
present study was kept low (e.g., 40 dBA) meaning the
spectrum level was very low. Filtering at approximately
18 dB/octave (three-pole filter) means the spectrum level
of these sounds below the cutoff frequency of 2 kHz was
very low (e.g., a 1/10 octave bandwidth at 4kHz, 3.9 to
4.2kHz, signal at an overall level of 40dB SPL would
have a spectrum level of approximately 15dB SPL and
at 1 kHz given the 2 kHz low-pass filter cutoff, the spec-
trum level would be approximately —3 dB SPL). Finally,
for the transposed stimulus process the amplitudes of
components of the spectrum of the rectified sine waves
above 2kHz were set to zero, narrowing the spectral
bandwidth. While these low levels do not completely
eliminate the possibility that accuracy performance
could be affected by ITD at low-frequencies, it probably
reduces this possibility a great deal.

(8) While sound source localization accuracy is very good

for BB stimuli [see (2) above], such performance is
poorer for narrowband noises (i.e., 1/10, 250 and 1/10,
4k conditions), HF click trains, and the 4 kHz tone (see
also Stevens and Newman, 1934; Blauert, 1997; Yost
and Zhong, 2014). But the data of this study indicate that
providing an envelope in these cases leads to at best a
1°-2° improvement in accuracy and only for some lis-
teners and some conditions, when rms errors could on
average be as much as 13° better (e.g., rms error for a
4kHz UM tone was about 20° and the lowest rms error
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FIG. 8. Magnitude spectra (dB) using the transposed method for a modulated 4 kHz tonal carrier. (A) modulation rate is 16 Hz and (B) modulation rate is
256 Hz.
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for a wideband noise is near 7°). The 1/10 octave wide
stimuli were by virtue of narrowband filtering already
amplitude modulated (see Rice, 1954) before a modula-
tor was applied. It may be that the modulation provided
by the modulator introduces very little additional modu-
lation that could have increased sound source localiza-
tion accuracy. However, recall that sound source
localization for the 1/10 octave wide noises is poor com-
pared to BB noise stimuli (e.g., Yost and Zhong, 2014).
In the case of the HF clicks (2-8 kHz; see Figs. 2 and 3),
sound source localization rms error was on average
7.9° while the average rms error for the BB clicks
(125Hz-8kHz) was 6.5° (i.e., HF clicks produced
approximately 1.4° greater rms error than BB clicks).
Thus, it might have been possible for listeners to gain a
slight increase in sound source localization accuracy
(1.4° of rms error gain) through temporal integration
of information as the number of clicks increased, but
as shown in Fig. 2 listeners’ performance did not
improve. Listeners’ interaural discrimination thresholds
do improve with an increasing number of clicks in most
headphone studies (see Yost and Hafter, 1987, for a
review), but in these studies thresholds for a single click
are almost always much higher (e.g., due to high-pass fil-
tering the click and measuring ITD thresholds) than
when the clicks are not high-pass filtered. Thus, there
was “room” for improvement due to temporal integration
caused by increasing the number of clicks in these head-
phone studies. There does not seem to be a clear reason
for the lack of improved sound source localization accu-
racy in the current study using click trains, except that it
might not be possible to measure a change in perfor-
mance when performance is near ceiling and/or when
there is only a 1.4° range over which performance can
vary.

B. Other aspects of the measurement of sound source
localization accuracy in this study

ey
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Listeners’ heads were not constrained from moving in
this study and neither was head motion recorded.
Listeners were instructed to keep their heads fixed and
always facing the front loudspeakers (on which was a
large red circle). Listeners were monitored during the
experiments and they rarely appeared to move their
heads and were reminded not to do so when they did.
With stimulus durations as long as 500 ms, there would
have been time for the head to move toward the sides
while a sound was on. Sound source localization accu-
racy is better when sound sources are in front of as
opposed to the side of listeners (Stevens and Newman,
1934; Mills, 1958). Thus, accuracy performance may
have been better than if the head had been restrained.
However, the data in Fig. 9 suggests that such head
movements, if they did play a role, probably played only
a minor one. Figure 9 shows the mean rms error and one
standard deviation of rms error as a function of the posi-
tion of the loudspeaker (assuming the listener faced the
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center loudspeaker at 0°, see Fig. 1, which they almost
always did) for the average data of experiments I, II, and
III. These data are consistent with other data (see Yost
et al., 2013 for a discussion of this literature) in the
study of sound source localization accuracy in the
front azimuth field indicating higher acuity (low rms
error) for sounds presented from in front (near 0°) as
opposed to off to one side (near =75°). These results
are consistent with the observations and arguments
made by Mills (1958) and Stevens and Newman
(1934) concerning sound source localization acuity in
the azimuth plane. The range of errors and the change
in errors with azimuth location shown in Fig. 9 are
very similar to the data of Stevens and Newman
(1934). Stevens and Newman (1934) used a different
procedure than the one used in the current study. If the
listeners were able to take advantage of head move-
ments by turning so that the sounds coming from
sources to the side were now in front, there would
probably not be a clear difference in rms error as a
function of relative loudspeaker location as indicated
in Fig. 9. So the results of Fig. 9 are indirectly consis-
tent with the assumption that head movements (if they
occurred) were not a significant contributing factor for
the data collected in this study. Also recall that the
rms errors shown in most of the figures of the current
paper represent an average of the rms errors across all
11 loudspeaker locations.

Because sounds are processed by cochlear biomechani-
cal mechanisms that act as narrow bandpass filters, there
are always envelopes for wideband sounds (i.e., as Rice,
1954, argued a consequence of filtering with a narrow
filter is to provide a slow amplitude modulation of the
filtered sound). Thus, it is possible that fibers in each
auditory nerve that are similarly tuned could provide an
envelope ITD cue, when the sound arrives at one ear
before the other. It is likely the case that the depth of
modulation due to cochlear filtering would be shallow.
However, providing any stimulus-based modulation does
not appear to have much of an effect on sound source
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localization accuracy. It does not seem probable that a
stimulus that is modulated with 100% depth of modula-
tion would not affect sound source localization accuracy,
but modulation provided by cochlear processing would.

(3) The wideband single click stimulus had a lower rms

accuracy error than a short-duration wideband noise
stimulus (see inset to Fig. 2). The average rms error of
5.6°-5.7° for a single click stimulus is the smallest rms
error we have measured for any stimulus condition tested
to date (Yost et al., 2013; Yost and Zhong, 2014; Yost,
2016). In past studies (Yost et al., 2013; Yost and
Zhong, 2014; Yost, 2016) using noise stimuli that were
two or more octaves wide there appeared to be no
difference in rms error as a function of a filter’s CF.
However, in the current study using clicks, HF clicks
that were 2 octaves wide (2-8 kHz) had slightly higher
rms errors (1.4° greater rms error) than the BB clicks
[125 Hz-8 kHz; see (9) above]. The HF click rms errors
(7.9°) are similar to the BB (125 Hz-8 kHz) data shown
for the UM noise bursts in Fig. 5 (average rms error of
7.2°). Thus, as for a single click, multiple clicks appear
to have slightly lower rms errors than those measured for
BB noises. It is not clear why clicks have low rms errors.
Perhaps the stochastic aspects of the noise waveforms
make it slightly more difficult to localize them than a
click whose waveform is not random.

(4) The lead-lag paradigm used to study the effects of prece-

dence for click stimuli (see Litovsky et al., 1999; Brown
et al., 2014) involve a two-click (lead and lag) click
train often presented at rates of 100 to 1000 Hz (10 to
1 ms interclick interval). In these studies of precedence
the first click can clearly dominate the perception of
sound source localization (localization dominance, see
Litovsky et al., 1999). Thus, localization dominance is
clearly different from that obtained in the present study
in which the number of clicks had no effect on sound
source localization accuracy. However, the fact that the
lag click is at a different spatial location than the lead
click means the two-click, lead-lag paradigm used to
study the effects of precedence is fundamentally differ-
ent from the click trains used in the present experiment.
However, most studies of ITD discrimination thresholds
show that ITD thresholds for long duration stimuli (e.g.,
click trains) are most sensitive to the binaural informa-
tion at the start of the stimulus (e.g., see Stecker et al.,
2013). These results are often modeled with some sort of
adaptation process that emphasizes the early part of a
waveform consistent with the effects of precedence
which indicate the importance of the first arriving sound
in processing sound in a reflected space (e.g., see Stecker
et al., 2013). The data of the present paper do not indi-
cate much of a change in sound source localization accu-
racy with changes in the stimuli that occur over time
(i.e., modulation). However, as pointed out above, sound
source localization accuracy is a different measure than
ITD thresholds, especially when ILD is held constant.
Additional study is required to determine how ITD
threshold and sound source localization accuracy mea-
sures are related in terms of envelope variables.
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(5) In comparing sound source localization accuracy data

across studies the stimuli often vary in overall level and
duration (e.g., in Yost, 2016, overall level was 65 dBA
and in the present study it was 40 dBA). Because Yost
(2016) demonstrated that overall level and duration had
little effect on sound source localization accuracy over a
considerable range of levels, duration, and filter condi-
tions, it seems unlikely that differences in stimulus level
or duration across studies will account for much of the
differences in performance that might be apparent.

(6) Several studies (Hartmann ef al., 1998; Yost et al., 2013;

Yost and Zhong, 2014) have suggested that identification
procedures like the one used in the present paper might
overestimate sound source localization accuracy because
such an identification procedure uses a closed and large
spatially-spaced (15° loudspeaker separation) set and a
small number of loudspeaker locations that the listener
can see. However, this past literature (see Hartmann
et al., 1998 for a detail discussion of sound source locali-
zation identification procedures) suggests that the 13
loudspeakers spaced 15° apart as used in the procedure
of the present paper is sufficient to reduce the effect of
these crucial variables in estimating sound source locali-
zation accuracy. In addition, the estimates of sound
source localization accuracy obtained in this and several
other studies (e.g., see Stevens and Newman, 1934;
Eberle and Flanagan, 2000; Grantham et al., 2007;
Loiselle et al., 2016. as examples) all produce about the
same estimates of sound source localization accuracy
independent of the type of procedure used to measure
sound source localization accuracy. For instance,
Stevens and Newman (as the subjects in their study)
were blindfolded and indicated the azimuth position of a
single loudspeaker at the end of a pole suspended in air
in front of them at different azimuth angles. Stevens and
Newman’s (1934) estimates of sound source localization
accuracy were on average 19° for 4kHz tone, 5.6° for
a hiss (noise), and 8° for a click. These compare to
20°, 7.2°, and 5.7° in the current study. So despite very
different methods, the estimates of sound source locali-
zation accuracy seem to be somewhat similar. There is
also no evidence that a difference in sound source locali-
zation accuracy measurement procedures would differ-
ently affect rms errors as a function of envelope
manipulations.

(7) While headphone studies of envelope ITD processing

have been extremely useful in understanding the type of
binaural processing (e.g., cross correlation) that might be
used in sound source localization, this paper along with
a few others (Eberle and Flanagan, 2000; Yost and
Brown, 2013) suggest that such envelope ITD processing
may not provide useful information for judging the
location of sounds in an everyday world of listening in
a sound field. Eberle and Flanagan (2000) showed
that sound field sound source localization for a HEF,
amplitude-modulated noise was only better than UM
noise at a modulation rate of 320 Hz. They argued that
this improved sound source localization accuracy was
probably a result of a wider bandwidth and not to the
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modulation per se. Yost and Brown (2013) used ampli-
tude modulation to study sound source localization of
two simultaneously presented out-of-phase modulated
BB noise bursts. The ability to localize two sound sour-
ces was affected by modulation rate (at low modulation
rates) when the modulation envelope presented from one
source was out-of-phase with that presented from the
other source. However, modulation in the Yost and
Brown (2013) study had no apparent effect on the ability
to localize a single sound source.

(8) The results of the present paper apply to stimuli in the
front azimuthal plane and, thus, may not apply to sound
source localization accuracy measured for sound sources
off this plane. Measurements in the front azimuthal plane
were chosen because the studies of envelope ITD proc-
essing using headphone delivered stimuli are based on
the assumption that ITD cues are important for sound
source localization in the front azimuthal plane (i.e.,
cues other than interaural differences are assumed to
play a major role in sound source localization processing
off the front azimuthal plane).

VI. SUMMARY

Studies of envelope ITD processing measured when HF
stimuli are delivered over headphones have shown that enve-
lope ITDs can affect ITD discrimination thresholds and lat-
erality judgments. Such results have been and continue to be
important in revealing properties of binaural processing that
might be crucial for sound source localization in the front
azimuth sound field where interaural cues are the crucial
ones for sound source localization. However, the results of
the present studies and the few others (Eberle and Flanagan,
2000; Yost and Brown, 2013) that have investigated enve-
lope cues in sound source localization in a sound field have
shown that envelope ITD cues play either no role or a very
small role in sound source localization accuracy in the front
azimuth sound field.
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"In the Yost (2016) paper sound source localization accuracy was measured
as a function of noise duration for different noise filter conditions, includ-
ing a BB and a narrowband condition exactly like the filters used in the
present experiment. A single click filtered the same as the noises was also
used in Yost (2016). Only the noise data were reported in the Yost (2016)
paper. The current paper includes data comparing the single filtered click
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